The problem of implementing the digital shaping the audio spectrum to improve intelligibility hearing aid consists of two major steps. First for the hearing impaire& Actual audiological data is constructing a continuous gain-frequency curve for each patient. The second designing used to design a finite impulse response digital filter using the frequency sampling method. Cubic spline interpolation is used to generate any number of a digital filter that best fit such a curve. In the frequency samples from the limited number available following sections these problems are from the audiological data. discussed individually.
INTRODUCTION
This paper proposes a new method for implementing a digital hearing aid. This method attempts to alleviate some of the inadequacies of the analog hearing aids which include coarse gain-setting resulting in over amplification in some frequency bands with a certain amount of discomfort to the patient. The digital hearing aid with its programming flexibility allows greater fit between the patient's hearing loss and the hearing aid output gain. Another problem that is common to all analog systems involves components drift due to age or environmental factors, these are not as pertinent in a digital system. The present method uses frequency selective amplification which provides greater gain for those frequencies where a given individual experiences the greatest degree of hearing loss. In contrast, the uniform amplification approach provides for equal gain over each audio band.
FREQUENCY INTERPOLATION
audiologist measure hearing loss and usually express it by dB loss at discrete frequencies in the audio band. These frequencies are generally spaced at one octave of each other starting at 250Hz through 8000Hz. As mentioned earlier many analog hearing aids use the uniform gain in each band for ampliing the speech signal [1,23. The digital hearing aid has the flexibility to fit the needed gain-frequency curve more precisely.
More resolution in expressing the hearing loss for each patient can be achieved by either measuring the loss at more frequencies or using an interpolation fbnction between the standard frequency points.
The latter approach is used since measuring more points will require more time and effort and it deviates from the standard procedure followed by most audiologists.
Many interpolation techniques can be used to solve this problem. Three interpolation 0-7803-3088-9/96/$4.00 0 1996 IEEE methods were investigated, the Lagrange method, least square [3], and the cubic spline interpolation [4] . Figure 1 compares the performance of these techniques. It is clear that the cubic spline method is superior for this application.
FILTER IMPLEMENTATION
The digital filter used to fit the required gain curve was implemented using a linear phase FIR filter. Where in his type of filter stability is guaranteed and minimum phase distortion is achieved. The frequency sampling method was used to design this filter where : Figure 2 shows the RMS error. It decreases exponentially as the number of taps increase. The filter length is selected at the point where the error levels OK Threshold of Discomfort : The filter design requires that both the threshold of hearing and the threshold of discomfort be available. Both of the thresholds are measured for each subject ( and for each ear) as shown in figure 3. These levels are used to calculate the desired filter gain by comparing the upper limit of the speech spectrum to hearing thresholds. The upper limit of conversational speech spectrum is presented in 
I
The design program sets the gain to hlly compensate for the hearing loss unless the speech spectrum would be amplified above the threshold of discomfort. In this case the gain is limited to prevent over amplification.
RESULTS AND DISCUSSION
The proposed procedure was tested on two subjects with very good results. To test the benefit of spectral shaping as compared to the analog hearing aid, a discrimination test was conducted. The subject had a profound high frequency hearing loss. The RMS error dictated that a 9 1 1 tap filter be used. The subject audiogram shown in figure 4 indicates a threshold of discomfort at 125 dB using amplified voice signal. The corresponding frequency response of the filter is shown in figure 5 . A list of fitly single syllable phonetically balanced words was prepared. Twenty five words were processed through the filter and the rest were not filtered. The words were presented to the subject at a comfortable level and the subject was asked to repeat the words and the number of incorrect responses was recorded. The test revealed that a 28% increase in speech discrimination due to shaping of the speech spectrum. The subject also reported to feeling more comfortable when Iistening to the filtered speech.
Finally, other sigrnal processing operations such as automatic gain control and noise reduction can easily be implemented by the digital hearing aid. This was not carried out and should be investigated in the future. . . Frequency response of the correction filter needed for the subject under test.
